To encode the speech quality with reduce the redundancy within samples that resulted from domain processing method like PCM and LPC, Source coding or Waveform coding methods can be considered. However, it is well known that when conventional sampling methods are applied directly to speech signal, the required amount of data is comparable to or more than that of uniform sampling method. To overcome this problem, a new hybrid methods is proposed
Introduction
A major objective in speech coding is to compress the signal, that is, to employ as few bits as possible in the digital representation of the speech signal. The efficient digital representation of the speech signal makes it possible to achieve bandwidth efficiency in the transmission of the signal over a variety of communication channels, or to store it efficiently on a variety of magnetic and optical media. Since the digitized speech is ultimately converted back to analog form for the user, an important consideration in speech coding is the level of signal distortion introduced by the digital conversion process.
The conversion of the speech encoding method for storing or transmitting in signal can largely be classified into the waveform coding, the source coding and the hybrid coding. And to maintain intelligibility and naturalness, the waveform coding method is mainly used. This coding process is the method of storing and synthesizing after eliminating repeated, unnecessary remaining components, and it is consisted of PCM, ADPCM, ADM, etc. However, it has the disadvantage that large amount of memory is required due to enormous quantity of data.
At chapter 2, the conventional waveform method which is to get recognizable characteristics of signal, and at chapter 3, the proposed method to use the hybrid coding will be described, and at chapter 4, experimental and results, and at chapter 5, conclusion and study direction in the future will be presented.
Existing Method
The coding method to use peak and valley of signal by analyzing waveform characteristic has been presented, and this has been used by considering the recognizable aspect. Therefore, this recognizable aspect of speech signal will be affected by the peak and valley in the sampling and quantization. In this characteristic of important information for recognition of speech signal, the roles of peak and valley point become remarkably important. By utilizing this characteristic, numerous applications for synthesis or coding section are possible, and especially for noisy environment, great support have been conducted for searching important factors of recognition signal by considering characteristics of peak and valley. Fig.1 . Examples of cosine interpolation method Figure 1 shows these two sampling methods for linear sampling and non-uniform one. where, M(.) are the magnitudes as peaks and valleys of non-uniformly sampled data and I(.) are the intervals of them. The interpolation method of non-uniform sampling in speech reconstruction is used as cosine interpolation. The waveform reconstruction is performed by using a cosine interpolation method based on such parameters as the magnitudes and the intervals of the peak and the valley. The reconstructed waveform, y k (n), obtained by cosine interpolation method is represented as Eq. 2-1. Fig.3 A new speech coding scheme Fig. 3 shows the encode block diagram of the method proposed in this paper. In the encode block diagram, S(n) is speech signal digitized uniformly by A/D converter, and S L26 (n) is the law-pass filtered signal by 2.65 kHz as cutoff frequency, and S L15 (n), the law-pass filtered signal by 1.5 kHz. Then the conventional non-uniform sampling is applied to this two low-pass filtered signals and such parameters as the magnitudes, M(.) and the intervals, I(.) of the peak and the valley are quantized and sampled. At the same time, Re-constructed speech signal, S L '(n), is reconstructed by the cosine interpolation as the non-uniform sampling.
Conclusion
We proposed a new hybrid speech coding technique for high quality coding. It focuses on the naturalness and intelligibility of speech synthesis applications and the compression and signal-to-noise ratio of speech transmission applications. In this paper, to overcome this problem, we proposed new sampling method using variable bandwidth LPF.
